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TABLE II
ITERATIVE LEAST-SQUARES DESIGN ALGORITHM
For the nine channel real-valued OSFB as presented in Section II-
B, which is derived from two prototypes p0 and p1; the performance
criterion simpliﬁes to
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where the matrices P0 and P1 describe the frequency requirements
on the prototypes p0 and p1, respectively, and the set Sl denotes the
set of ﬁlters derived from the prototype pl.
The performance criterion for the complex-valued OSFB presented
in Section II-A, which is derived from only one real-valued prototype
p, further simpliﬁes to
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where S is the common subsampling ratio and P describes the
frequency requirements on the prototype.
To perform the minimization of (14), an iterative least squares
technique [22], [26], [23] is used where the matrix H, which is being
built from the analysis ﬁlters, is substituted by the matrix being built
from an old set of analysis ﬁlters. This linearization gives a quadratic
approximation of the performance surface. To ensure convergence, a
relaxation step is added to the algorithm. The design algorithm can
now be formulated iteratively as shown in Table II, where ￿ is the
relaxation parameter which has to be chosen between zero and one
and ￿ quantiﬁes the stop condition. The minimization of Step 2 can
be conveniently performed by a QR decomposition [27].
IV. DESIGN EXAMPLES
In this section, design examples of OSFB’s targeted for subband
adaptive ﬁltering are shown. The ﬁlter banks have been designed to
yield a reconstruction error and an inband alias of about ￿80 dB,
giving a resolution of approximately 13 bits. These speciﬁcations
are targeted at audio applications, but higher quality designs are
easily achievable with the presented algorithms [13]. The parameters
settings in the design algorithm are ￿ =0 :5 and ￿ =1 0 .
Fig. 4 shows the transfer functions of the analysis and synthesis
ﬁlters of a four-channel OSFB. The ﬁlter bank is designed for alias-
free decimation by S =6[11], giving an OSR of 133%. To achieve
the speciﬁcations, the design algorithm needs 14 iterations to produce
the prototype ﬁlter with a required number of lp = 192 taps.
Fig. 4. Four-channel complex-valued OSFB.
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Fig. 5. Real-valued OSFB’s using (a) three channels and (b) nine channels.
Fig. 5(a) shows the transfer functions of the analysis ﬁlters of the
ﬁlter bank used to implement a three channel setup as presented in
Section II-B. To avoid inband aliasing, the stopbands of the analysis
ﬁlters hl(k) extend over [0:495￿￿￿1]; [0￿￿￿0:346] [ [0:643￿￿￿1];
and [0￿￿￿0:505]; which are subsampled by 2, 3, and 2, respectively.
Note that the stopbands of the prototypes have been enlarged slightly
to create a guard band. To achieve the required speciﬁcations, the
ﬁlters need 74 taps and the ﬁlter bank generates an OSR of 133%.
The design algorithm converged after 12 iterations.
Fig. 5(b) shows the transfer functions of the real-valued ﬁlters
used in the analysis bank of the nine channel OSFB as presented
in Section II-B. The stopband of the prototype p0(k); generating the
channels 1, 3, 5, and 7, extends from 0.123 to 1, and the stopband
of the prototype p1(k); generating the other channels, extends from
0.083 to 1. Note again that the stopbands have been slightly enlarged.
To avoid aliasing, the channels are decimated from the left to the
right by 8–4–6–4–5–4–6–4–8, giving an OSR of 178%. To meet